Time reversal (TR) is a signal processing technique that can be used for intentional sound focusing. While it has been studied in room acoustics, the application of TR to produce a high amplitude focus of sound in a room has not yet been explored. The purpose of this study is to create a virtual source of spherical waves with TR that are of sufficient intensity to study nonlinear acoustic propagation. A parameterization study of deconvolution, one-bit, clipping, and decay compensation TR methods is performed to optimize high amplitude focusing and temporal signal focus quality. Decay compensation is introduced in this paper. Of all TR methods studied, clipping is shown to produce the highest amplitude focal signal. An experiment utilizing eight horn loudspeakers in a reverberation chamber is done with the clipping TR method. A peak focal amplitude of 9840 Pa (174 dB peak re 20 μPa) is achieved. Results from this experiment indicate that this high amplitude focusing is a nonlinear process. 
I. Introduction
Time reversal (TR) is a signal processing technique that may be used to achieve intentional sound focusing from remotely placed sources. [1] [2] The TR process includes a forward step and a backward step. During the forward step, an impulse response (or transfer function in the frequency domain) is obtained between a source and a receiver. The impulse response is then reversed in time and additional processing may be applied at this stage. During the backward step, the reversed impulse response is broadcast from the source and a focusing of sound is achieved at the receiver location. TR has been used in biomedical applications such as lithotripsy of kidney stones and of brain tumors. [3] [4] [5] Researchers optimized the strength and spatial confinement of focused waves in these applications by exploiting the complicated wave propagation in the body. It has also been used in the nondestructive evaluation of solid media, to locate and characterize cracks within a sample. [6] [7] [8] [9] [10] Some of the applications of TR to nondestructive evaluation, such as the Time Reversed Elastic Nonlinearity Diagnostic, 8 are similar to lithotripsy except that instead of destroying tissue with intense sound the focused waves are used to excite nonlinear signatures of cracks. Additionally, TR was used to create a high amplitude focusing of ultrasound for a noncontact source used for nondestructive evaluation. [11] [12] This paper describes the use of TR processing to create a high amplitude focus of sound in a reverberation chamber. The purpose of these experiments is to create a virtual source of spherical waves that are of sufficient intensity to study nonlinear acoustic propagation. TR focuses waves to a selected location that converge from all directions to produce the focus, and then diverge from that location. 13 The divergence of the waves after TR focusing may be considered a virtual source. 14 To achieve the highest possible amplitude of TR focusing several methods are explored here, including deconvolution (or inverse filtering), one-bit, clipping, and decay compensation. The comparison of these methods has not been shown to date. Decay compensation is introduced in this paper.
While the TR process has also been applied to room acoustics applications, the authors are not aware of a similar study that seeks to maximize the amplitude of the focusing of sound in a room. Yon et al. compared the performance of beamforming to TR focusing in a highly reverberant room with communications applications in mind. 15 Candy et al. compared the performance of TR receivers to an optimal linear equalization receiver in extracting a transmitted signal propagating in a highly reverberant environment, with the purpose of improving communications in reverberant environments. 16 Ribay et al. performed a time-domain, finitedifference simulation of TR in a 2-D reverberation room model, also for communications applications, in order to determine the relationship between the signal-to-noise ratio and the number of sources used in TR. 17 They concluded that the focal amplitude depends on the number of physical sources, , the length of the impulse response, and the reverberation time of the room. In another study, Candy et al. examined the functionality of wideband communications with TR receivers in a tunnel with many obstructions, echoes, and bends. 18 This paper presents a parameterization study to optimize the TR processing methods mentioned previously for high amplitude focusing and temporal signal focus quality. The parameterization study shows that clipping is the method that produces the highest amplitude focus. A final measurement is then presented in which a TR experiment is performed with 8 loudspeaker horn sources in a reverberation chamber. A peak focal amplitude of 9840 Pa (174 dB peak re 20 μPa) is achieved. Results from this test indicate that this high amplitude focusing is a nonlinear process.
II. Time Reversal Methods
This section will review the basics of the deconvolution (inverse filtering), one-bit, and clipping methods and introduce the decay compensation method. Each of these methods alters the impulse response/transfer function in order to achieve improved focal amplitude or focal quality. The standard TR process involves a time reversal of the impulse response, ( ) to obtain the time reversed impulse response (TRIR), (− ). In the standard TR process, the TRIR is broadcast from each source simultaneously to produce a focus. It should be noted here that prior to the broadcast of a TRIR or a modified TRIR, this signal is normalized to maximize the available amplification.
A. Deconvolution
Deconvolution or inverse filtering has previously been used in TR experiments to achieve a higher quality focal signal, typically at the expense of the focal amplitude. [19] [20] [21] [22] Tanter et al. found that inverse filtering reduces the amplitude of the side lobes in a TR experiment. 19 The inverse filter method has also been shown to improve the retrieval of the Green's function between the source and receiver in a TR experiment, leading to a cleaner focus than one obtained via standard TR. 21 One purpose of the deconvolution method, as outlined by Anderson et al., is to obtain a delta function like focal signal. 22 Thus the desired signal to broadcast during the backward step of the TR process is the frequency domain inverse of the transfer function obtained in the forward step,
where ( ) is the deconvolution transfer function used to obtain focusing, ( ) is the transfer function between the source and receiver, and * denotes a complex conjugate. To avoid potentially dividing by 0 in Eq. (1), a regularization constant is added to the denominator,
where is a unitless, regularization parameter that can be optimized to produce the cleanest focal signal. Equations (1) and (2) 
B. One-bit
Derode et al. introduced the use of the one-bit method in TR experiments. 23 Their experiments in a water tank achieved an increase of 12 dB in the peak focal amplitude after implementing the one-bit method. The increase in focal amplitude was achieved at the expense of lowering the signal-to-noise ratio.
The one-bit method involves keeping only the phase information of the TRIR signal. For a normalized TRIR, a certain value between 0 and 1 is selected as a threshold and everything above the threshold gets set to +1, and everything below the negative value of the threshold gets set to -1. For the purposes of noise rejection, everything in between the positive threshold and the negative threshold is set to 0. The resulting signal for the backward step only contains values of +1, 0, and -1. Because the phase information is preserved, the one-bit method still focuses
energy. An example one-bit processed signal, with a threshold of 0.2, is shown in Fig. 1 (c), with this method applied to the standard impulse response shown in this figure. The threshold value is optimized later in this study.
C. Clipping
Clipping was introduced by Heaton et al. as a processing method for TR that is very similar to the one-bit method. 24 Like the one-bit method, clipping of the normalized TRIR signal also involves a threshold value. A value between 0 and 1 is selected as a threshold and everything above the threshold gets set to +1, everything below the negative value of the threshold gets set to -1. The difference between the one-bit method and clipping is that for clipping, the signal that lies between the threshold and the negative value of the threshold remains unchanged. An example signal with clipping applied, with a threshold of 0.2, is shown in Fig. 1(d) with the clipping applied to the standard impulse response shown in this figure. The threshold value is optimized later in this study.
D. Decay Compensation
Decay compensation is a new method for TR processing. Decay compensation seeks to amplify later arrivals in a relatively long impulse response signal relative to the direct sound arrival and early reflections such that all arrivals have essentially the same amplitude. The envelope, ( ), also termed the polar energy time curve in room acoustics, of the normalized TRIR signal is obtained (through a Hilbert transform of the TRIR),
where ̂ represents a Hilbert transform operator. [25] [26] ( ) may be smoothed (for each time sample, the sample and neighboring samples may be averaged). The inverse of the envelope is calculated and multiplied by the original TRIR signal to obtain the decay compensation signal,
A threshold value is chosen, such that samples above the threshold (or below the negative value of the threshold) are multiplied by the inverse envelope value while samples below that threshold are unchanged. 
III. Focal Signal Optimization
This section describes parameterization experiments that are conducted in a reverberation chamber. The TR methods described in Section II are each optimized. The length and frequency content of the TRIR are also optimized.
A. Experimental Setup
The focal signal optimization tests are performed in a large reverberation chamber (204 m 3 ) on the Brigham Young University campus. This room is chosen because the hard wall reflections, and therefore long reverberation time, contribute to a high amplitude focus as shown by Ribay et al. 17 The measured reverberation time for the room was found to be 6.89 s and the Schroeder frequency of the room was determined to be 385 Hz. 27 All experiments are performed at frequencies above the Schroeder frequency to ensure a diffuse sound field in the chamber. The source signal, s(t), in the forward step is a logarithmic chirp signal. The pressure response, r(t), is recorded at the microphone. The recording time is set for 10 s to be long enough to exceed the reverberation time. A cross-correlation between s(t) and r(t) is used to estimate the impulse response, ir(t). 27 Depending on the particular experiment, additional processing to implement deconvolution, one-bit, etc. is then applied at this stage to the normalized ir(t). The TRIR was then broadcast from the loudspeaker to produce a focus at the microphone location.
B. Optimization Metrics
The peak amplitude and temporal quality are two metrics used here to characterize the focal signal. Peak amplitude, , is a measure of the maximum pressure magnitude (in Pa) achieved in the focal signal. Temporal quality, defined by Heaton et al., compares the squared peak focal amplitude to the average squared pressure present in the signal. 24 Because these experiments involve discrete time signals, the following adapted equation is used to calculate the temporal quality,
where is the length of the signal in samples, and ( 0 , 0 , 0 , ) is the amplitude of the th sample at the microphone focal position ( 0 , 0 , 0 ). is a unitless metric that, with the square root, effectively gives a ratio of peak amplitude to the average pressure magnitude throughout the signal. A delta function signal would have = √ , a sine wave signal would have = √2, and a random noise signal would have = √3.
C. Results of Optimization Experiments
A total of six sets of optimization experiments are conducted to optimize the TRIR processing: source bandwidth, impulse response length, deconvolution, one-bit, clipping, and decay compensation.
The source bandwidth is varied to determine the bandwidth of the chirp signal that will maximize for standard TR. Thirty-three different bandwidths are tested ranging from 500 Hz Since the purpose of using deconvolution is to produce focal signals with higher , and no value of results in a higher than using standard TR, the optimum value of 0.1 is selected. This value differs from the value of 0.9 given by Anderson et al. 22 The optimal value for may well depend on the available signal to noise ratio in the system. Gamma values below 0.1 do not produce focal signals with significantly higher , and begins to decrease with values larger than 0.1. Smaller values could be used at the expense of further reductions in .
A value of 0.1 produced a focal signal with = 4.4 Pa and = 320. Compared to standard TR, the optimal deconvolution focal signal has a that is 3.43 times greater, but a that is 3.91 times lower. For the purposes of maximizing , the significant amplitude reduction does not make deconvolution the optimal technique for producing a high amplitude focus.
In the optimization of the one-bit, clipping, and decay compensation signal processing methods, the threshold value is the parameter modified to find the optimum value for high amplitude focusing. Section II described the manner in which the threshold is applied for these methods. For each of these experiments, a TRIR signal is obtained, processed according to the method employed, and then broadcast from the loudspeaker to achieve a focus at the increases by a factor of 2.5 and increases by a factor of 1.7. This increase in both and shows the robustness of combining deconvolution with clipping techniques to achieve better focusing than standard TR. However the reduction in , relative to when deconvolution is not used, is a drawback to using deconvolution and clipping, for example, to achieve the highest possible focusing amplitude.
Before the high amplitude experiments are conducted, a seventh optimization experiment is done to determine the best placement of the sources to achieve the highest possible amplitude for TR focusing. Experiments are conducted with a microphone in the same location as it was in the other optimization experiments (on a stand, 1.61 m off the ground). The loudspeaker is moved to different locations in the room, and a standard TR experiment is done at each location to determine optimum speaker placement for the highest amplitude focus. The results show that the highest amplitude is achieved when the speaker and the microphone are in the same horizontal plane (the primary axis of the loudspeaker is directed in the plane of the microphone), and when the loudspeaker and microphone are placed in corners of the room.
IV. High Amplitude Focusing
Building off the results of the previous section, a new experiment is designed to achieve the highest possible focusing amplitude by using the optimal processing of the TRIR, more Based on the results of the optimization experiments, the drivers are placed close to the corners of the room or close to the adjoining boundary of a wall and the floor. The orientation of each driver is facing 180° away from the target microphone. The target microphone is placed near a corner in the room in order to achieve the highest possible .
Due to constraints on the upper frequency limit of the mid-range coaxial compression driver, the bandwidth of the initial chirp signal is 500 Hz to 7000 Hz. This is not a significant issue in terms of amplitude reduction however, because in the earlier optimization experiments the difference in is minimal between the optimal bandwidth of 500 Hz to 9500 Hz and the bandwidth of 500 Hz to 7000 Hz. In order to observe whether the TR focusing at these amplitudes is a linear or a nonlinear process, six experiments are performed with the clipping method. One is done at a low amplitude, one is done at a high amplitude, and the others are done at intermediate amplitudes. 
V. Conclusion
A parameterization study has been presented, seeking to optimize the peak amplitude, , of time reversal (TR) focusing and the temporal quality, , of the TR focal signals for deconvolution, one-bit, clipping, and decay compensation TR methods. Decay compensation is a new method presented here that seeks to amplify later arrivals in an impulse response signal so that all arrivals essentially have the same amplitude. This method performed better than the onebit method both in terms of focal amplitude, , and temporal quality, . The optimal regularization parameter, , value was found for the deconvolution method, and optimal threshold values were found for the clipping, one-bit, and decay compensation methods. It has been shown that the clipping method is the TR method that produces the highest amplitude focus of sound in a reverberation chamber.
With eight horn loudspeaker sources in a reverberation chamber and the optimal clipping threshold, = 9840 Pa (174 dB peak) was achieved. Experiments conducted at lower amplitudes and scaled appropriately to the highest amplitude result provide evidence that TR focusing at these high amplitudes is a nonlinear process.
